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Description

FIELD

�[0001] The present invention relates to adaptive entropy encoding of audio data. For example, an audio encoder
switches between Huffman coding of direct levels of quantized audio data and arithmetic coding of run lengths and levels
of quantized audio data.

BACKGROUND

�[0002] With the introduction of compact disks, digital wireless telephone networks, and audio delivery over the Internet,
digital audio has become commonplace. Engineers use a variety of techniques to process digital audio efficiently while
still maintaining the quality of the digital audio. To understand these techniques, it helps to understand how audio
information is represented and processed in a computer.

I. Representation of Audio Information in a Computer

�[0003] A computer processes audio information as a series of numbers representing the audio information. For ex-
ample, a single number can represent an audio sample,� which is an amplitude value (i.e., loudness) at a particular time.
Several factors affect the quality of the audio information, including sample depth, sampling rate, and channel mode.
�[0004] Sample depth (or precision) indicates the range of numbers used to represent a sample. The more values
possible for the sample, the higher the quality because the number can capture more subtle variations in amplitude. For
example, an 8-�bit sample has 256 possible values, while a 16- �bit sample has 65,536 possible values.
�[0005] The sampling rate (usually measured as the number of samples per second) also affects quality. The higher
the sampling rate, the higher the quality because more frequencies of sound can be represented. Some common sampling
rates are 8,000, 11,025, 22,050, 32,000, 44,100, 48,000, and 96,000 samples/�second.
�[0006] Table 1 shows several formats of audio with different quality levels, along with corresponding raw bitrate costs. �

�[0007] As Table 1 shows, the cost of high quality audio information such as CD audio is high bitrate. High quality audio
information consumes large amounts of computer storage and transmission capacity. Companies and consumers in-
creasingly depend on computers, however, to create, distribute, and play back high quality audio content.

II. Audio Compression and Decompression

�[0008] Many computers and computer networks lack the resources to process raw digital audio. Compression (also
called encoding or coding) decreases the cost of storing and transmitting audio information by converting the information
into a lower bitrate form. Compression can be lossless (in which quality does not suffer) or lossy (in which quality suffers
but bitrate reduction through lossless compression is more dramatic). Decompression (also called decoding) extracts a
reconstructed version of the original information from the compressed form.
�[0009] Generally, the goal of audio compression is to digitally represent audio signals to provide maximum signal
quality with the least possible amount of bits. A conventional audio encoder/�decoder ["codec"] system uses subband/
transform coding, quantization, rate control, and variable length coding to achieve its compression. The quantization
and other lossy compression techniques introduce potentially audible noise into an audio signal. The audibility of the
noise depends on how much noise there is and how much of the noise the listener perceives. The first factor relates
mainly to objective quality, while the second factor depends on human perception of sound. The conventional audio
encoder then losslessly compresses the quantized data using variable length coding to further reduce bitrate.

Table 1: Bitrates for different quality audio information

Quality Sample Depth
�(bits/ �sample)

Sampling Rate
�(samples/�second)

Mode Raw Bitrate
�(bits/ �second)

Internet telephony 8 8,000 mono 64,000

Telephone 8 11,025 mono 88,200

CD audio 16 44,100 stereo 1,411,200

High quality audio 16 48,000 stereo 1,536,000
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A. Lossy Compression and Decompression of Audio Data

�[0010] Conventionally, an audio encoder uses a variety of different lossy compression techniques. These lossy com-
pression techniques typically involve frequency transforms, perceptual modeling/�weighting, and quantization. The cor-
responding decompression involves inverse quantization, inverse weighting, and inverse frequency transforms.
�[0011] Frequency transform techniques convert data into a form that makes it easier to separate perceptually important
information from perceptually unimportant information. The less important information can then be subjected to more
lossy compression, while the more important information is preserved, so as to provide the best perceived quality for a
given bitrate. A frequency transformer typically receives the audio samples and converts them into data in the frequency
domain, sometimes called frequency coefficients or spectral coefficients.
�[0012] Most energy in natural sounds such as speech and music is concentrated in the low frequency range. This
means that, statistically, higher frequency ranges will have more frequency coefficients that are zero or near zero,
reflecting the lack of energy in the higher frequency ranges.
�[0013] Perceptual modeling involves processing audio data according to a model of the human auditory system to
improve the perceived quality of the reconstructed audio signal for a given bitrate. For example, an auditory model
typically considers the range of human hearing and critical bands. Using the results of the perceptual modeling, an
encoder shapes noise (e.g., quantization noise) in the audio data with the goal of minimizing the audibility of the noise
for a given bitrate. While the encoder must at times introduce noise (e.g., quantization noise) to reduce bitrate, the
weighting allows the encoder to put more noise in bands where it is less audible, and vice versa.
�[0014] Quantization maps ranges of input values to single values, introducing irreversible loss of information or quan-
tization noise, but also allowing an encoder to regulate the quality and bitrate of the output. Sometimes, the encoder
performs quantization in conjunction with a rate controller that adjusts the quantization to regulate bitrate and/or quality.
There are various kinds of quantization, including adaptive and non- �adaptive, scalar and vector, uniform and non-�uniform.
Perceptual weighting can be considered a form of non- �uniform quantization.
�[0015] Inverse quantization and inverse weighting reconstruct the weighted, quantized frequency coefficient data to
an approximation of the original frequency coefficient data. The inverse frequency transformer then converts the recon-
structed frequency coefficient data into reconstructed time domain audio samples.

B. Lossless Compression and Decompression of Audio Data

�[0016] Conventionally, an audio encoder uses one or more of a variety of different lossless compression techniques.
In general, lossless compression techniques include run-�length encoding, Huffman encoding, and arithmetic coding.
The corresponding decompression techniques include run- �length decoding, Huffman decoding, and arithmetic decoding.
�[0017] Run-�length encoding is a simple, well- �known compression technique used for camera video, text, and other
types of content. In general, run- �length encoding replaces a sequence (i.e., run) of consecutive symbols having the
same value with the value and the length of the sequence. In run-�length decoding, the sequence of consecutive symbols
is reconstructed from the run value and run length. Numerous variations of run- �length encoding/ �decoding have been
developed. For additional information about run- �length encoding/ �decoding and some of its variations, see, e.g., Bell et
al., Text Compression, Prentice Hall PTR, pages 105-107, 1990; Gibson et al., Digital Compression for Multimedia,
Morgan Kaufmann, pages 17-62, 1998; U.S. Patent No. 6,304,928 to Mairs et al. �; U.S. Patent No. 5,883,633 to Gill et
al; and U.S. Patent No. 6,233,017 to Chaddha.
�[0018] Run-�level encoding is similar to run- �length encoding in that runs of consecutive symbols having the same value
are replaced with run lengths. The value for the runs is the predominant value (e.g., 0) in the data, and runs are separated
by one or more levels having a different value (e.g., a non-�zero value).
�[0019] The results of run-�length encoding (e.g., the run values and run lengths) or run-�level encoding can be Huffman
encoded to further reduce bitrate. If so, the Huffman encoded data is Huffman decoded before run-�length decoding.
�[0020] Huffman encoding is another well-�known compression technique used for camera video, text, and other types
of content. In general, a Huffman code table associates variable-�length Huffman codes with unique symbol values (or
unique combinations of values). Shorter codes are assigned to more probable symbol values, and longer codes are
assigned to less probable symbol values. The probabilities are computed for typical examples of some kind of content.
Or, the probabilities are computed for data just encoded or data to be encoded, in which case the Huffman codes adapt
to changing probabilities for the unique symbol values. Compared to static Huffman coding, adaptive Huffman coding
usually reduces the bitrate of compressed data by incorporating more accurate probabilities for the data, but extra
information specifying the Huffman codes may also need to be transmitted.
�[0021] To encode symbols, the Huffman encoder replaces symbol values with the variable-�length Huffman codes
associated with the symbol values in the Huffman code table. To decode, the Huffman decoder replaces the Huffman
codes with the symbol values associated with the Huffman codes.
�[0022] In scalar Huffman coding, a Huffman code table associates a single Huffman code with one value, for example,
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a direct level of a quantized data value. In vector Huffman coding, a Huffman code table associates a single Huffman
code with a combination of values, for example, a group of direct levels of quantized data values in a particular order.
Vector Huffman encoding can lead to better bitrate reduction than scalar Huffman encoding (e.g., by allowing the encoder
to exploit probabilities fractionally in binary Huffman codes). On the other hand, the codebook for vector Huffman encoding
can be extremely large when single codes represent large groups of symbols or symbols have large ranges of potential
values (due to the large number of potential combinations). For example, if the alphabet size is 256 (for values 0 to 255
per symbol) and the number of symbols per vector is 4, the number of potential combinations is 2564 = 4,294,967,296.
This consumes memory and processing resources in computing the codebook and finding Huffman codes, and consumes
transmission resources in transmitting the codebook.
�[0023] Numerous variations of Huffman encoding/�decoding have been developed. For additional information about
Huffman encoding/�decoding and some of its variations, see, e.g., Bell et al., Text Compression, Prentice Hall PTR,
pages 105-107, 1990; Gibson et al., Digital Compression for Multimedia, Morgan Kaufmann, pages 17-62, 1998.
�[0024] U.S. Patent No. 6,223,162 to Chen et al.� describes multi-�level run- �length coding of audio data. A frequency
transformation produces a series of frequency coefficient values. For portions of a frequency spectrum in which the
predominant value is zero, a multi-�level run- �length encoder statistically correlates runs of zero values with adjacent non-
zero values and assigns variable length code words. An encoder uses a specialized codebook generated with respect
to the probability of receiving an input run of zero- �valued spectral coefficients followed by a non-�zero coefficient. A
corresponding decoder associates a variable length code word with a run of zero value coefficients and adjacent non-
zero value coefficient.
�[0025] U.S. Patent No. 6,377,930 to Chen et al.� describes variable to variable length encoding of audio data. An
encoder assigns a variable length code to a variable size group of frequency coefficient values.
�[0026] U.S. Patent No. 6,300,888 to Chen et al.� describes entropy code mode switching for frequency domain audio
coding. A frequency-�domain audio encoder selects among different entropy coding modes according to the characteristics
of an input stream. In particular, the input stream is partitioned into frequency ranges according to statistical criteria
derived from statistical analysis of typical or actual input to be encoded. Each range is assigned an entropy encoder
optimized to encode that range’s type of data. During encoding and decoding, a mode selector applies the correct method
to the different frequency ranges. Partition boundaries can be decided in advance, allowing the decoder to implicitly
know which decoding method to apply to encoded data. Or, adaptive arrangements may be used, in which boundaries
are flagged in the output stream to indicate a change in encoding mode for subsequent data. For example, a partition
boundary separates primarily zero quantized frequency coefficients from primarily non-�zero quantized coefficients, and
then applies coders optimized for such data.
�[0027] For additional detail about the Chen patents, see the patents themselves.
�[0028] Arithmetic coding is another well-�known compression technique used for camera video and other types of
content. Arithmetic coding is sometimes used in applications where the optimal number of bits to encode a given input
symbol is a fractional number of bits, and in cases where a statistical correlation among certain individual input symbols
exists. Arithmetic coding generally involves representing an input sequence as a single number within a given range.
Typically, the number is a fractional number between 0 and 1. Symbols in the input sequence are associated with ranges
occupying portions of the space between 0 and 1. The ranges are calculated based on the probability of the particular
symbol occurring in the input sequence. The fractional number used to represent the input sequence is constructed with
reference to the ranges. Therefore, probability distributions for input symbols are important in arithmetic coding schemes.
�[0029] In context-�based arithmetic coding, different probability distributions for the input symbols are associated with
different contexts. The probability distribution used to encode the input sequence changes when the context changes.
The context can be calculated by measuring different factors that are expected to affect the probability of a particular
input symbol appearing in an input sequence. For additional information about arithmetic encoding/�decoding and some
of its variations, see Nelson, The Data Compression Book, "Huffman One Better: Arithmetic Coding," Chapter 5, pp.
123-65 (1992)�.
�[0030] Various codec systems and standards use lossless compression and decompression, including versions of
Microsoft Corporation’s Windows Media Audio ["WMA"] encoder and decoder. Other codec systems are provided or
specified by the Motion Picture Experts Group, Audio Layer 3 ["MP3"] standard, the Motion Picture Experts Group 2,
Advanced Audio Coding ["AAC"] standard, and Dolby AC3. For additional information, see the respective standards or
technical publications.
�[0031] Whatever the advantages of prior techniques and systems for lossless compression of audio data, they do not
have the advantages of the present invention.
�[0032] A variable length decoder with two-�word bit stream segmentation is known from WO 98/00924. The valuable
length decoder includes an input circuit for receiving an input bit stream, a shifter circuit for providing a decoding window
and a code word length decoding circuit.
�[0033] Signal processing with hybrid variable-�length and entropy encoding is known from US 5,574,449. At least one
dominant symbol of a set comprising a plurality of symbols is determined and a dominant set comprising the at least
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one dominant symbol is formed. A next symbol for encoding is received. It is determined whether the next symbol is in
the dominant set. The next symbol is encoded by either entropy encoding or variable-�length encoding in accordance
with this determination.
�[0034] JP 2002-204170 discloses a multi-�stage encoding of a signal constituent sorted by constituent value. The
disclosed proves solves signal constituents to be compressed into one of several types on the basis of constituent values.
In each stage in the encoding process, groups of the signal constituents are formed and a multi-�dimensional encoding
process is used for the groups.

SUMMARY

�[0035] The invention provides a method of encoding audio data according to claim 1 and of decoding audio data
according to claim 8.
�[0036] In another aspect, an encoder or decoder encodes or decodes a first portion of a sequence in a direct context-
based arithmetic mode, switches to a run-�level mode at a switch- �point, and encodes or decodes a second portion in the
run-�level mode. The run- �level mode can be context- �based arithmetic mode.
�[0037] In another aspect, an encoder selects a first code table from a set of plural code tables based on the number
of symbols in a first vector and represents the first vector with a code from the first code table. The first code table can
include codes for representing probable vectors having that number of symbols, and an escape code for less probable
vectors. The encoder also encodes a second vector having a different number of symbols. For example, the first vector
has a greater number of symbols than the second vector and has a higher probability of occurrence than the second
vector. To encode the second vector, the encoder can select a second, different code table based on the number of
symbols in the second vector. If the second vector has one symbol, the encoder can represent the second vector using
a table-�less encoding technique.
�[0038] In another aspect, a decoder decodes a first vector by receiving a first code and looking up the first code in a
first code table. If the first code is an escape code, the decoder receives and decodes a second code that is not in the
first table. If the first code is not an escape code, the decoder looks up symbols for the first vector in the first table and
includes them in a decoded data stream. The number of symbols in the first vector is the basis for whether the first code
is an escape code. The decoder can decode the second code by looking it up in a second table. If the second code is
an escape code, the decoder receives and decodes a third code representing the first vector that is not in the second
table. If the second code is not an escape code, the decoder looks up symbols for the first vector in the second table
and includes the symbols in the decoded data stream.
�[0039] In a vector Huffman encoding scheme, an encoder determines a Huffman code from a group of such codes to
use for encoding a vector and encodes the vector using the Huffman code. The determination of the code is based on
a sum of values of the audio data symbols in the vector. If the Huffman code is an escape code, it indicates that an n-
dimension vector is to be encoded as x n/x-�dimension vectors using at least one different code table. The encoder can
compare the sum with a threshold that depends on the number of symbols in the vector. For example, the threshold is
6 for 4 symbols, 16 for 2 symbols, or 100 for 1 symbol.
�[0040] The features and advantages of the adaptive entropy encoding and decoding techniques will be made apparent
from the following detailed description of various embodiments that proceeds with reference to the accompanying draw-
ings.

BRIEF DESCRIPTION OF THE DRAWINGS

�[0041]

Figure 1 is a block diagram of a suitable computing environment in which described embodiments may be imple-
mented.
Figure 2 is a block diagram of an audio encoder in which described embodiments may be implemented.
Figure 3 is a block diagram of an audio decoder in which described embodiments may be implemented.
Figure 4 is flowchart showing a generalized multi- �mode audio encoding technique.
Figure 5 is a flowchart showing a multi-�mode audio encoding technique with adaptive switch point calculation.
Figure 6 is a flowchart showing a generalized multi-�mode audio decoding technique.
Figure 7 is a flowchart showing a generalized variable-�dimension vector Huffman encoding technique.
Figure 8 is a flowchart showing a detailed technique for encoding audio data using variable-�dimension vector Huffman
encoding.
Figure 9 is a flowchart showing a technique for variable-�dimension vector Huffman coding of direct signal levels
where the encoder adaptively determines a switch point for changing to coding of run lengths and signal levels.
Figure 10 is a flowchart showing a generalized variable-�dimension vector Huffman decoding technique.
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Figure 11 is a flowchart showing a detailed technique for decoding vectors coded using variable-�dimension vector
Huffman encoding.
Figure 12 is a flowchart showing a technique for variable- �dimension vector Huffman decoding of direct signal levels
where the decoder adaptively determines a switch point for changing to decoding of run lengths and signal levels.
Figures 13A- �13D are probability distributions for non run-�length levels in a context-�based arithmetic encoding
scheme.
Figures 14A- �14H are probability distributions for different run lengths in a context-�based arithmetic encoding scheme.
Figures 15A- �15H are probability distributions for run-�length encoded levels in a context-�based arithmetic encoding
scheme.
Figure 16 is a flowchart showing a technique for direct context- �based arithmetic coding of coefficients where a switch
point for changing to coding of run lengths and levels is determined adaptively by the encoder.
Figure 17 is a flowchart showing a technique for context- �based arithmetic decoding where the decoder adaptively
determines a switch point for changing to decoding of run lengths and signal levels.

DETAILED DESCRIPTION

�[0042] The audio encoder and decoder process discrete audio signals. In the described embodiments, the audio
signals are quantized coefficients from frequency transformed audio signals. Alternatively, the encoder and decoder
process another kind of discrete audio signal or discrete signal representing video or another kind of information.
�[0043] In some examples, an audio encoder adaptively switches between coding of direct signal levels and coding of
run lengths and signal levels. The encoder encodes the direct signal levels using scalar Huffman codes, vector Huffman
codes, arithmetic coding, or another technique. In the run length/�level coding (also called run-�level coding), each run
length represents a run of zero or more zeroes and each signal level represents a non-�zero value. In the run- �level event
space, the encoder encodes run lengths and levels in that event space using Huffman codes, arithmetic coding, or
another technique. A decoder performs corresponding adaptive switching during decoding. The adaptive switching
occurs when a threshold number of zero value levels is reached. Alternatively, the encoder and decoder switch based
upon additional or other criteria.
�[0044] In some embodiments, an audio encoder uses variable-�dimension vector Huffman encoding. The variable-
dimension vector Huffman coding allows the encoder to use Huffman codes to represent more probable combinations
of symbols using larger dimension vectors, and less probable combinations of symbols using smaller dimension vectors
or scalars. A decoder performs corresponding variable-�dimension Huffman decoding.
�[0045] In some examples, an audio encoder uses context- �based arithmetic coding. The contexts used by the encoder
allow efficient compression of different kinds of audio data. A decoder performs corresponding context-�based arithmetic
decoding.
�[0046] In described embodiments, the audio encoder and decoder perform various techniques. Although the operations
for these techniques are typically described in a particular, sequential order for the sake of presentation, it should be
understood that this manner of description encompasses minor rearrangements in the order of operations. Moreover,
for the sake of simplicity, flowcharts typically do not show the various ways in which particular techniques can be used
in conjunction with other techniques.

I. Computing Environment

�[0047] Figure 1 illustrates a generalized example of a suitable computing environment (100) in which described em-
bodiments may be implemented. The computing environment (100) is not intended to suggest any limitation as to scope
of use or functionality of the invention, as the present invention may be implemented in diverse general-�purpose or
special-�purpose computing environments.
�[0048] With reference to Figure 1, the computing environment (100) includes at least one processing unit (110) and
memory (120). In Figure 1, this most basic configuration (130) is included within a dashed line. The processing unit (110)
executes computer- �executable instructions and may be a real or a virtual processor. In a multi-�processing system,
multiple processing units execute computer-�executable instructions to increase processing power. The memory (120)
may be volatile memory (e.g., registers, cache, RAM), non-�volatile memory (e.g., ROM, EEPROM, flash memory, etc.),
or some combination of the two. The memory (120) stores software (180) implementing an audio encoder/�decoder that
performs adaptive entropy coding/�decoding of audio data.
�[0049] A computing environment may have additional features. For example, the computing environment (100) includes
storage (140), one or more input devices (150), one or more output devices (160), and one or more communication
connections (170). An interconnection mechanism (not shown) such as a bus, controller, or network interconnects the
components of the computing environment (100). Typically, operating system software (not shown) provides an operating
environment for other software executing in the computing environment (100), and coordinates activities of the compo-
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nents of the computing environment (100).
�[0050] The storage (140) may be removable or non-�removable, and includes magnetic disks, magnetic tapes or
cassettes, CD-�ROMs, CD-�RWs, DVDs, or any other medium which can be used to store information and which can be
accessed within the computing environment (100). The storage (140) stores instructions for the software (180) imple-
menting the audio encoder/�decoder that performs adaptive entropy coding/ �decoding of audio data.
�[0051] The input device�(s) (150) may be a touch input device such as a keyboard, mouse, pen, or trackball, a voice
input device, a scanning device, network adapter, or another device that provides input to the computing environment
(100). For audio, the input device�(s) (150) may be a sound card or similar device that accepts audio input in analog or
digital form, or a CD-�ROM reader that provides audio samples to the computing environment. The output device�(s) (160)
may be a display, printer, speaker, CD/DVD- �writer, network adapter, or another device that provides output from the
computing environment (100).
�[0052] The communication connection �(s) (170) enable communication over a communication medium to another
computing entity. The communication medium conveys information such as computer- �executable instructions, com-
pressed audio information, or other data in a modulated data signal. A modulated data signal is a signal that has one
or more of its characteristics set or changed to encode information in the signal. By way of example, and not limitation,
communication media include wired or wireless techniques implemented with an electrical, optical, RF, infrared, acoustic,
or other carrier.
�[0053] The invention can be described in the general context of computer-�readable media. Computer-�readable media
are any available media that can be accessed within a computing environment. By way of example, and not limitation,
within the computing environment (100), computer-�readable media include memory (120), storage (140), communication
media, and combinations of any of the above.
�[0054] The invention can be described in the general context of computer-�executable instructions, such as those
included in program modules, being executed in a computing environment on a target real or virtual processor. Generally,
program modules include routines, programs, libraries, objects, classes, components,� data structures, etc. that perform
particular tasks or implement particular abstract data types. The functionality of the program modules may be combined
or split between program modules as desired in various embodiments. Computer-�executable instructions for program
modules may be executed within a local or distributed computing environment.
�[0055] For the sake of presentation, the detailed description uses terms like "analyze," "send," "compare," and "check"
to describe computer operations in a computing environment. These terms are high-�level abstractions for operations
performed by a computer, and should not be confused with acts performed by a human being. The actual computer
operations corresponding to these terms vary depending on implementation.

II. Generalized Audio Encoder and Decoder

�[0056] Figure 2 is a block diagram of a generalized audio encoder (200) in which described embodiments may be
implemented. The encoder (200) performs adaptive entropy coding of audio data. Figure 3 is a block diagram of a
generalized audio decoder (300) in which described embodiments may be implemented. The decoder (300) decodes
encoded audio data.
�[0057] The relationships shown between modules within the encoder and decoder indicate a flow of information in an
exemplary encoder and decoder; other relationships are not shown for the sake of simplicity. Depending on implemen-
tation and the type of compression desired, modules of the encoder or decoder can be added, omitted, split into multiple
modules, combined with other modules, and/or replaced with like modules. In alternative embodiments, encoders or
decoders with different modules and/or other configurations perform adaptive entropy coding and decoding of audio data.

A. Generalized Audio Encoder

�[0058] The generalized audio encoder (200) includes a selector (208), a multi-�channel pre-�processor (210), a parti-
tioner/�tile configurer (220), a frequency transformer (230), a perception modeler (240), a weighter (242), a multi-�channel
transformer (250), a quantizer (260), an entropy encoder (270), a controller (280), a mixed/�pure lossless coder (272)
and associated entropy encoder (274), and a bitstream multiplexer ["MUX"] (290). Description about some of the modules
of the encoder (200) follows. For description about the other modules of the encoder (200) in some embodiments, see
the applications referenced in the Related Application Data section.
�[0059] The encoder (200) receives a time series of input audio samples (205) at some sampling depth and rate in
pulse code modulated ["PCM"] format. The input audio samples (205) can be multi-�channel audio (e.g., stereo mode,
surround) or mono. The encoder (200) compresses the audio samples (205) and multiplexes information produced by
the various modules of the encoder (200) to output a bitstream (295) in a format such as a Windows Media Audio ["WMA"]
format or Advanced Streaming Format ["ASF"]. Alternatively, the encoder (200) works with other input and/or output
formats.
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�[0060] Initially, the selector (208) selects between multiple encoding modes for the audio samples (205). In Figure 2,
the selector (208) switches between two modes: a mixed/�pure lossless coding mode and a lossy coding mode. The
lossless coding mode includes the mixed/�pure lossless coder (272) and is typically used for high quality (and high bitrate)
compression. The lossy coding mode includes components such as the weighter (242) and quantizer (260) and is
typically used for adjustable quality (and controlled bitrate) compression. The selection decision at the selector (208)
depends upon user input (e.g., a user selecting lossless encoding for making high quality audio copies) or other criteria.
In other circumstances (e.g., when lossy compression fails to deliver adequate quality or overproduces bits), the encoder
(200) may switch from lossy coding over to mixed/�pure lossless coding for a frame or set of frames.
�[0061] The frequency transformer (230) receives the audio samples (205) and converts them into data in the frequency
domain. The frequency transformer (230) outputs blocks of frequency coefficient data to the weighter (242) and outputs
side information such as block sizes to the MUX (290). The frequency transformer (230)� outputs both the frequency
coefficients and the side information to the perception modeler (240).
�[0062] The perception modeler (240) models properties of the human auditory system to improve the perceived quality
of the reconstructed audio signal for a given bitrate. Generally, the perception modeler (240) processes the audio data
according to an auditory model, then provides information to the weighter (242) which can be used to generate weighting
factors for the audio data. The perception modeler (240) uses any of various auditory models and passes excitation
pattern information or other information to the weighter (242).
�[0063] As a quantization band weighter, the weighter (242) generates weighting factors for a quantization matrix based
upon the information received from the perception modeler (240) and applies the weighting factors to the data received
from the frequency transformer (230). The weighter (242) outputs side information such as the set of weighting factors
to the MUX (290). As a channel weighter, the weighter (242) then generates channel-�specific weighting factors based
on the information received from the perception modeler (240) and also on the quality of locally reconstructed signal.
These scalar weights allow the reconstructed channels to have approximately uniform quality. The weighter (242) outputs
weighted blocks of coefficient data to the multi-�channel transformer (250) and outputs side information such as the set
of channel weight factors to the MUX (290). Alternatively, the encoder (200) uses another form of weighting or skips
weighting.
�[0064] For multi- �channel audio data, the multiple channels of noise-�shaped frequency coefficient data produced by
the weighter (242) often correlate. To exploit this correlation, the multi-�channel transformer (250) can apply a multi-
channel transform to the audio data. The multi-�channel transformer (250) produces side information to the MUX (290)
indicating, for example, the multi-�channel transforms used and multi- �channel transformed parts of frames.
�[0065] The quantizer (260) quantizes the output of the multi- �channel transformer (250), producing quantized coefficient
data to the entropy encoder (270) and side information including quantization step sizes to the MUX (290). Quantization
introduces irreversible loss of information, but also allows the encoder (200) to regulate the quality and bitrate of the
output bitstream (295) in conjunction with the controller (280). In some embodiments, the quantizer (260) is an adaptive,
uniform, scalar quantizer. In alternative embodiments, the quantizer is a non- �uniform quantizer, a vector quantizer, and/or
a non-�adaptive quantizer, or uses a different form of adaptive, uniform, scalar quantization.
�[0066] The entropy encoder (270) losslessly compresses quantized coefficient data received from the quantizer (260).
In some embodiments, the entropy encoder (270) uses adaptive entropy encoding as described in the sections below.
The entropy encoder (270) can compute the number of bits spent encoding audio information and pass this information
to the rate/�quality controller (280).
�[0067] The controller (280) works with the quantizer (260) to regulate the bitrate and/or quality of the output of the
encoder (200). The controller (280) receives information from other modules of the encoder (200) and processes the
received information to determine desired quantization factors given current conditions. The controller (280) outputs the
quantization factors to the quantizer (260) with the goal of satisfying quality and/or bitrate constraints.
�[0068] The mixed lossless/�pure lossless encoder (272) and associated entropy encoder (274) compress audio data
for the mixed/�pure lossless coding mode. The encoder (200) uses the mixed/ �pure lossless coding mode for an entire
sequence or switches between coding modes on a frame- �by-�frame or other basis.
�[0069] The MUX (290) multiplexes the side information received from the other modules of the audio encoder (200)
along with the entropy encoded data received from the entropy encoder (270). The MUX (290) outputs the information
in a WMA format or another format that an audio decoder recognizes. The MUX (290) includes a virtual buffer that stores
the bitstream (295) to be output by the encoder (200). The current fullness of the buffer, the rate of change of fullness
of the buffer, and other characteristics of the buffer can be used by the controller (280) to regulate quality and/or bitrate
for different applications (e.g., at constant quality/ �variable bitrate, at or below constant bitrate/�variable quality).

B. Generalized Audio Decoder

�[0070] With reference to Figure 3, the generalized audio decoder (300) includes a bitstream demultiplexer ["DEMUX"]
(310), one or more entropy decoders (320), a mixed/ �pure lossless decoder (322), a tile configuration decoder (330), an
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inverse multi-�channel transformer (340), an inverse quantizer/�weighter (350), an inverse frequency transformer (360),
an overlapper/�adder (370), and a multi- �channel post- �processor (380). The decoder (300) is somewhat simpler than the
encoder (300) because the decoder (300) does not include modules for rate/ �quality control or perception modeling.
Description about some of the modules of the decoder (300) follows. For description about the other modules of the
decoder (300) in some embodiments, see the applications referenced in the Related Application Data section.
�[0071] The decoder (300) receives a bitstream (305) of compressed audio information in a WMA format or another
format. The bitstream (305) includes entropy encoded data as well as side information from which the decoder (300)
reconstructs audio samples (395).
�[0072] The DEMUX (310) parses information in the bitstream (305) and sends information to the modules of the
decoder (300). The DEMUX (310) includes one or more buffers to compensate for short-�term variations in bitrate due
to fluctuations in complexity of the audio, network jitter, and/or other factors.
�[0073] The one or more entropy decoders (320) losslessly decompress entropy codes received from the DEMUX
(310). For the sake of simplicity, one entropy decoder module is shown in Figure 3, although different entropy decoders
may be used for lossy and lossless coding modes, or even within modes. Also, for the sake of simplicity, Figure 3 does
not show mode selection logic. The entropy decoder (320) typically applies the inverse of the entropy encoding technique
used in the encoder (200). When decoding data compressed in lossy coding mode, the entropy decoder (320) produces
quantized frequency coefficient data.
�[0074] The mixed/ �pure lossless decoder (322) and associated entropy decoder�(s) (320) decompress losslessly en-
coded audio data for the mixed/ �pure lossless coding mode. The decoder (300) uses a particular decoding mode for an
entire sequence, or switches decoding modes on a frame-�by- �frame or other basis.
�[0075] The inverse multi-�channel transformer (340) receives the entropy decoded quantized frequency coefficient
data from the entropy decoder�(s) (320) as well as side information from the DEMUX (310) indicating, for example, the
multi-�channel transform used and transformed parts of frames.
�[0076] The inverse quantizer/ �weighter (350) receives quantization factors as well as quantization matrices from the
DEMUX (310) and receives quantized frequency coefficient data from the inverse multi-�channel transformer (340). The
inverse quantizer/ �weighter (350) decompresses the received quantization factor/ �matrix information as necessary, then
performs the inverse quantization and weighting.
�[0077] The inverse frequency transformer (360) receives the frequency coefficient data output by the inverse quantizer/
weighter (350) as well as side information from the DEMUX (310). The inverse frequency transformer (360) applies the
inverse of the frequency transform used in the encoder and outputs blocks to the overlapper/�adder (370).
�[0078] The overlapper/ �adder (370) receives decoded information from the inverse frequency transformer (360) and/or
mixed/ �pure lossless decoder (322). The overlapper/�adder (370) overlaps and adds audio data as necessary and inter-
leaves frames or other sequences of audio data encoded with different modes.

III. Adaptive Entropy Encoding/�Decoding Mode Switching (which are described in the following as examples useful 
for understanding the invention)

�[0079] Run-�level coding methods are often more effective than direct coding of levels when an input sequence contains
many occurrences of a single value (e.g., 0). However, because non-�zero quantized transform coefficients are common
in audio data input sequences, especially in the lower frequencies, run-�level coding is not effective across the entire
range of frequencies. Moreover, in higher quality audio, non-�zero quantized transform coefficients become more common
even in higher frequencies. (In higher quality audio, quantization levels are typically smaller.) Therefore, in some exam-
ples, an encoder such as the encoder (200) of Figure 2 performs a multi-�mode coding technique that can use run- �level
coding for one portion of an audio data input sequence and direct coding of levels for another portion of the sequence.
A decoder such as the decoder (300) of Figure 3 performs a corresponding multi-�mode decoding technique.

A. Adaptive Entropy Encoding Mode Switching

�[0080] Referring to Figure 4, in a multi- �mode encoding technique 400, the encoder first codes signal levels in an input
stream directly (410). For example, the encoder performs variable-�dimension Huffman coding, context-�based arithmetic
coding, or another entropy coding technique directly on the signal levels.
�[0081] At a switch point during the encoding, the encoder changes the coding scheme (420). The encoder may change
the encoding scheme at a pre-�determined switch point, or the encoder may analyze the input data to determine an
appropriate point to change coding schemes. For example, the encoder may analyze an input sequence to find the best
point to switch to run-�level coding, sending the switch point to the decoder in the output bitstream. Or, the encoder may
calculate the switch point adaptively by counting consecutive zeroes (or alternatively, another predominant value) in the
input data, and switch to run-�level coding when a particular threshold number of consecutive zeroes has been counted.
The decoder can calculate the switch point in the same way, so the switch point need not be included in the bitstream.
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Or, the encoder and decoder use some other criteria to determine the switch point.
�[0082] After the switch point, the encoder codes remaining signal levels using run-�level coding (430). For example,
the encoder performs Huffman coding, context-�based arithmetic coding, or another entropy coding technique on the run
lengths and signal levels. The encoder may use the same technique (e.g., context-�based arithmetic coding) before and
after the switch point, or the encoder may use different techniques.
�[0083] Moreover, although Figure 4 and various other Figures in the application show a single switch point, additional
switch points can be used to divide input data into more than two portions. For example, additional adaptive switch points
can be set for increased thresholds of consecutive zeroes. Different encoding schemes can then be applied to the
different portions. Or, the encoder can experiment with different segmentation points in the sequence, weighing the
coding efficiencies for different segmentation configurations along with the costs of signaling the different configurations
to the decoder.
�[0084] Figure 5 shows a multi-�mode encoding technique (500) with adaptive switch point calculation according to one
implementation. The adaptive switch point depends on a count of consecutive zero-�value coefficients. The input data
are signal levels for quantized transform coefficients, progressing from the lowest- �frequency coefficient to the highest-
frequency coefficient. In practice, the position of the switch point depends on the signal being compressed and the
bitrate/�quality of the encoding. Alternatively, the input data are another form and/or organization of audio data.
�[0085] To start, the encoder initializes several variables. Specifically, the encoder sets a run count variable to 0 (510)
and sets an encoding state variable to "direct" (512).
�[0086] The encoder receives the next coefficient QC as input (520). The encoder then checks (530) if the coefficient
QC is zero. If the coefficient QC is non- �zero, the encoder resets the run count (538). Otherwise (i.e., if the coefficient
QC is zero), the encoder increments the run count variable (532), and checks to see whether the current run count
exceeds the run count threshold (534). The run count threshold can be static or it can depend on a factor such as the
size of a block of coefficients (e.g., a run count threshold of 4 for a sequence of 256 coefficients, 8 for a sequence of
512 coefficients, etc.), or it can be adaptive in some other way. If the run count exceeds the threshold, the encoder
changes the encoding state to run-�level encoding ["RLE"] (536).
�[0087] The encoder then encodes the coefficient QC if appropriate (540). (In some cases, groups of coefficients are
coded together using a technique such as vector Huffman coding. In such cases, the encoder may defer encoding the
coefficient QC)
�[0088] The encoder then checks (550) whether the encoder should switch encoding modes. In particular, the encoder
checks the encoding state. If the encoding state is no longer direct (e.g., if the encoder has changed the encoding state
to RLE as a result of reaching a threshold number of zero coefficients), the encoder begins run- �level encoding of the
coefficients (560). (Again, in cases in which groups of coefficients are coded together, the encoder may defer the switching
decision until reaching a convenient break point for a group of coefficients.)
�[0089] If the encoder does not switch encoding modes, the encoder checks whether it has finished encoding the
coefficients (570). If so, the encoder exits. Otherwise, the encoder inputs the next coefficient (520) to continue the
encoding process.

B. Adaptive Entropy Decoding Mode Switching

�[0090] Referring to Figure 6, in a multi- �mode decoding technique (600), the decoder decodes directly coded signal
levels (610). For example, the decoder performs variable-�dimension Huffman decoding, context-�based arithmetic de-
coding, or another entropy decoding technique on directly coded signal levels.
�[0091] At a switch point during the decoding, the decoder changes the decoding scheme (620). If the switch point is
pre-�determined, the decoder may receive, in the form of a flag or other notification mechanism, data that explicitly tells
the decoder when to change decoding schemes. Or, the decoder may adaptively calculate when to change decoding
schemes based on the input data it receives. If the decoder calculates the switch point, the decoder uses the same
calculating technique used by the encoder to ensure that the decoding scheme changes at the correct point. For example,
the decoder counts consecutive zeroes (or alternatively, another predominant value) to determine the switch point
adaptively. In one implementation, the decoder uses a technique corresponding to the encoder technique shown in
Figure 5. Or, the decoder uses some other criteria to determine the switch point.
�[0092] After the switch point, the decoder decodes remaining run- �level coded signal levels (630). For example, the
decoder performs Huffman decoding, context-�based arithmetic decoding, or another entropy decoding technique on the
encoded run lengths and signal levels. The decoder may use the same technique (e.g., context-�based arithmetic de-
coding) before and after the switch point, or the decoder may use different techniques.

IV. Variable Dimension Huffman Encoding and Decoding

�[0093] While symbols such as direct signal levels can be encoded using scalar Huffman encoding, such an approach
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is limited where the optimal number of bits for encoding a symbol is a fractional number. Scalar Huffman coding is also
limited by the inability of scalar Huffman codes to account for statistical correlation between symbols. Vector Huffman
encoding yields better bitrate reduction than scalar Huffman encoding (e.g., by allowing the encoder to exploit probabilities
fractionally in binary Huffman codes). And, in general, higher- �dimension vectors yield better bitrate reduction than smaller-
dimension vectors. However, if a code is assigned to each possible symbol combination, codebook size increases
exponentially as the vector dimension increases. For example, in a 32-�bit system, the number of possible combinations
for a 4- �dimension vector is (232)4. The search time for matching a vector and finding a Huffman code also increases
dramatically as codebook size increases.
�[0094] In some embodiments, to reduce codebook size, an encoder such as the encoder (200) of Figure 2 uses a
variable-�dimension vector Huffman coding technique. Rather than assigning a codebook code to each possible n-
dimensional combination, a limited number of the most probable n-�dimension vectors are assigned codes. If a particular
n-�dimension vector is not assigned a code, the n-�dimension vector is instead encoded as smaller dimension vectors
(e.g., two n/�2-�dimension vectors), as scalars with Huffman codes, or as scalars using some table-�less technique for
representing discrete values. A decoder such as the decoder (300) of Figure 3 reconstructs a vector by finding the code
(s) for the vector and finding the associated values.
�[0095] For example, in the case of 4-�dimensional vectors with 256 values possible per symbol, the encoder encodes
the 500 most probable 4-�dimensional vectors with Huffman codes and uses an escape code to indicate other vectors.
The encoder splits such other vectors into 2-�dimensional vectors. The encoder encodes the 500 most probable 2-
dimensional vectors with Huffman codes and uses an escape code to indicate other vectors, which are split and coded
with scalar Huffman codes. Thus, the encoder uses 501 + 501 + 256 codes.
�[0096] In terms of determining which vectors or scalars are represented with Huffman codes in a table, and in terms
of assigning the Huffman codes themselves for a table, codebook construction can be static, adaptive to data previously
encoded, or adaptive to the data to be encoded.

A. Variable- �dimension Vector Huffman Encoding

�[0097] Referring to Figure 7, an encoder uses a variable- �dimension vector Huffman ["VDVH"] encoding technique
(700). For example, the encoder uses the technique (700) to directly encode signal levels for frequency coefficients of
audio data. Alternatively, the encoder uses the technique (700) to encode another form of audio data. For the sake of
simplicity, Figure 7 does not show codebook construction. Codebook construction can be static, adaptive to data pre-
viously encoded, or adaptive to the data to be encoded.
�[0098] The encoder gets (710) the next vector of n symbols. For example, the encoder gets the next 4 symbols in
sequence.
�[0099] The encoder checks (720) whether the codebook includes a code for the vector. If so, the encoder uses (730)
a single Huffman code to encode the vector. For example, to determine how to encode an n-�dimension vector, the
encoder checks an n-�dimension vector code table for a code associated with the vector. Because larger-�dimension
vectors usually yield greater bitrate savings, the encoder uses Huffman codes for the most probable, n-�dimension vectors.
But, to limit the size of the table, only some of the n-�dimension vectors have associated codes.
�[0100] If the codebook does not include a code for the vector, the encoder splits (740) the vector into smaller vectors
and/or scalars and codes the smaller vectors and/or scalars. For example, the encoder splits a vector of n symbols into
x n/x-�symbol vectors. For each n/x symbol vector, the encoder recursively repeats the encoding technique, exiting when
the n/x symbol vector or its constituent vectors/ �scalars are encoded with Huffman codes or (for scalars) using a table-
less technique for representing discrete values.
�[0101] The encoder then checks (750) whether there are any additional vectors to encode. If not, the encoder exits.
Otherwise, the encoder gets (710) the next vector of n symbols.

1. Example Implementation

�[0102] Figure 8 shows a detailed technique (800) for encoding vectors using VDVH encoding in one implementation.
In the technique (800), the encoder sums the integer values of the symbols in a vector of symbols to determine whether
to encode the vector using a single Huffman code or split the vector into smaller vectors/�scalars. This effectively limits
codebook size and speeds up the search for codes.
�[0103] A codebook table for n- �dimension ["n-�dim"] vectors includes Huffman codes for L1 n-�dim vectors. The codebook
table also includes an escape code. The L1 codes are for each vector for which the sum of the vector components (which
are integers) is below a particular threshold T1. For example, suppose n is 4 and the threshold T1 for 4-�dim vectors is
6. The codebook table for 4- �dim vectors includes the escape code and 126 codes, one for each possible vector whose
components (e.g., the absolute values of components) add up to less than 6 - (0, 0, 0, 0), (0, 0, 0, 1), etc. Limiting the
table size based upon the component sum of vectors is effective because, generally, the most probable vectors are
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those with smaller component sums.
�[0104] If the codebook table for n- �dim vectors does not have a Huffman code for a particular n-�dim vector, the encoder
adds an escape code to the output bitstream and encodes the n-�dim vector as smaller dimension vectors or scalars,
looking up those smaller dimension vectors or scalars in other codebook tables. For example, the smaller dimension is
n/ �2 unless n/ �2 is 1, in which case the n- �dim vector is split into scalars. Alternatively, the n- �dim vector is split in some
other way.
�[0105] The codebook table for the smaller dimension vectors includes Huffman codes for L2 smaller dimension vectors
as well as an escape code. The L2 codes are for each vector for which the sum of the vector components is below a
particular threshold T2 for the smaller dimension table. For example, suppose the smaller dimension is 2 and the threshold
T2 for 2-�dim vectors is 16. The codebook table for 2-�dim vectors includes the escape code and 136 codes, one for each
possible vector whose components (e.g., the absolute values of components) add up to less than 16-(0, 0), (0, 1), etc.
�[0106] If the codebook table for smaller dimension vectors does not have a Huffman code for a particular smaller
dimension vector, the encoder adds an escape code to the output bitstream and encodes the vector as even smaller
dimension vectors or scalars, using other codebook tables. This process repeats down to the scalar level. For example,
the split is by a power of 2 down to the scalar level. Alternatively, the vector is split in some other way.
�[0107] At the scalar level, the codebook table includes Huffman codes for L3 scalars as well as an escape code. The
L3 codes are for each scalar below a particular threshold T3 (which assumes small values are more probable). For
example, suppose the threshold T3 for scalars is 100. The codebook table for scalars includes 100 codes and an escape
code. If a scalar does not have an associated code in the scalar code table, the scalar is coded with the escape code
and a value (e.g., literal) according to a table- �less technique. Using all of the numerical examples given in this section,
the tables would include a total of 126 + 1 + 136 + 1 + 100 + 1 = 365 codes.
�[0108] The dimension sizes for tables, vector splitting factors, and thresholds for vector component sums depend on
implementation. Other implementations use different vector sizes, different splitting factors, and/or different thresholds.
Alternatively, an encoder uses criteria other than vector component sums to switch vector sizes/�codebook tables in
VDVH encoding.
�[0109] With reference to Figure 8, the encoder first gets an n- �dim vector (810). The n- �dim vector comprises n symbols,
each symbol, for example, having a value representing the quantized level for a frequency coefficient of audio data.
�[0110] The encoder sums the vector components (812) and compares the sum with a threshold (820) for n-�dim vectors.
If the sum is less than or equal to the threshold, � the encoder codes the n-�dim vector with a Huffman code from a code
table (822), and continues until coding is complete (824). If the sum is greater than or equal to the threshold, the encoder
sends an escape code (826) and splits the n-�dim vector into two smaller vectors with dimensions of n/ �2 (830).
�[0111] The encoder gets the next n/ �2- �dim vector (840) and sums the components of the n/ �2-�dim vector (842). The
encoder checks the sum against a threshold associated with n/�2- �dim vectors (850). If the sum is less than or equal to
the threshold, the encoder codes the n/ �2- �dim vector with a Huffman code from a code table (852) for n/ �2-�dim vectors,
and gets the next n/�2- �dim vector (840) if the encoder has not finished encoding the n/�2-�dim vectors (854). If the sum is
greater than the threshold for n/�2-�dim vectors, the encoder sends another escape code (856).
�[0112] The encoder generally follows this pattern in processing the vectors, either coding each vector or splitting the
vector into smaller-�dimension vectors. In cases where the encoder splits a vector into two scalar (1-�dimension) compo-
nents (860), the encoder gets the next scalar (870) and compares the value of the scalar with a threshold associated
with scalar values (880). If the scalar value is less than or equal to the threshold (880), the encoder codes the scalar
using a Huffman code from a code table (882) for scalars. If the scalar value is greater than the threshold, the encoder
codes the scalar using a table-�less technique (884). The encoder then gets the next scalar (870) if it has not finished
processing the scalars (886).
�[0113] Alternatively, the encoder uses tables with different dimension sizes, splits vectors in some way other than by
power of 2, and/or uses a criteria other than vector component sum to switch vector sizes/ �codebook tables in VDVH
encoding.

2. Adaptive Switching

�[0114] Figure 9 shows a technique (900) for VDVH coding of coefficients of direct signal levels where the encoder
adaptively determines a switch point for changing to coding of run lengths and signal levels according to one implemen-
tation. The adaptive switch point depends on a count of consecutive zero-�value coefficients. The input data are signal
levels for quantized transform coefficients, progressing from the lowest-�frequency coefficient to the highest-�frequency
coefficient. Alternatively, the input data are another form and/or organization of audio data.
�[0115] To start, the encoder initializes several variables. Specifically, the encoder sets a run count variable to 0 (910),
sets a current vector variable to empty (912), and sets an encoding state variable to direct variable-�dimension vector
Huffman ["DVDVH"] (914).
�[0116] The encoder receives the next coefficient QC as input (920). The encoder then checks (930) if the coefficient
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is zero. If the coefficient QC is non-�zero, the encoder resets the run count (938) and adds the coefficient QC to the
current vector (940). Otherwise (i.e., if the coefficient QC is zero), the encoder increments the run count variable (932),
and checks to see whether the current run count exceeds the run count threshold (934). The run count threshold can
be static or it can depend on a factor such as the size of a block of coefficients (e.g., four zeroes in an input sequence
of 256 coefficients), or it can be adaptive in some other way. For example, the threshold may be increased or decreased,
with or without regard to the number of coefficients in an input sequence. If the run count exceeds the threshold, the
encoder changes the encoding state to run-�level encoding ["RLE"] (936), and the coefficient QC is added as a component
to the current vector (940).
�[0117] Adding the coefficient QC to the current vector increments the dimension of the vector. The encoder determines
(950) whether the current vector is ready to encode by comparing the number of components in the current vector with
the maximum dimension for the current vector. If so, the encoder encodes the current vector using DVDVH coding (960).
If the current vector is smaller than the maximum dimension, but the coefficient QC is the last in a sequence, the encoder
can pad the current vector and encode it using DVDVH coding (960). The maximum dimension depends on implemen-
tation. In one implementation, it is 8. However, the maximum dimension may be increased or decreased depending on,
for example, the amount of resources available for creating, storing or transmitting a codebook.
�[0118] After encoding the vector, the encoder checks the encoding state (970). If the encoding state is no longer
DVDVH (e.g., if the encoder has changed the encoding state to RLE as a result of exceeding a threshold number of
zero coefficients), the encoder begins encoding of the coefficients as run lengths and levels (980). Run-�level encoding
can be performed in several ways, including, for example, Huffman coding, vector Huffman coding, or context-�based
arithmetic coding. In some embodiments, run-�level encoding is performed using Huffman coding with two Huffman code
tables, where one table is used for encoding data in which shorter runs are more likely, and one table is used for encoding
data in which longer runs are more likely. The encoder tries each table, and chooses codes from one of the tables, with
a signal bit indicating which table the encoder used.
�[0119] If the encoding state has not changed or the current vector is not ready for encoding, the encoder determines
(990) whether there are any more coefficients to be encoded. If so, the encoder inputs the next coefficient (920) and
continues the encoding process.

B. Variable- �dimension Vector Huffman Decoding

�[0120] Figure 10 shows a VDVH decoding technique (1000) corresponding to the VDVH encoding technique (700)
shown in Figure 7. For example, a decoder uses the technique (1000) to decode directly encoded signal levels for
frequency coefficients of audio data. Alternatively, the decoder uses the technique to decode another form of audio data.
�[0121] The decoder gets (1010) the next Huffman code for an n-�dimension vector Huffman coding table. For example,
the decoder gets the next Huffman code for 4 symbols in sequence.
�[0122] The decoder checks (1020) whether the Huffman code is the escape code for the n-�dimension vector Huffman
coding table. If not, the decoder gets (1030) the n symbols represented by the Huffman code. For example, the decoder
gets the 4 symbols associated with the Huffman code in a 4-�dimensional vector Huffman codebook.
�[0123] If code is the escape code, the n-�dimension codebook does not include a code for the vector, and the decoder
gets (1040) Huffman codes for smaller vectors and/or scalars. For example, the decoder gets codes for x n/x-�symbol
vectors. For each n/x symbol vector, the decoder recursively repeats the decoding technique, exiting when the n/x symbol
vector or its constituent vectors/ �scalars are decoded.
�[0124] The decoder then checks (1050) whether there are any additional codes for the n- �dimension vector Huffman
coding table to decode. If not, the decoder exits. Otherwise, the decoder gets (1010) the next such Huffman code.

1. Example Implementation

�[0125] Figure 11 shows a detailed technique (1100) for decoding vectors coded using VDVH encoding in one imple-
mentation. The decoding technique (1100) corresponds to the encoding technique (800) shown in Figure 8.
�[0126] Referring to Figure 11, the decoder gets the next code for an n-�dim vector Huffman code table (1110). The
decoder checks if the code is the escape code for the n-�dim vector Huffman code table (1120). If not, the decoder gets
the n symbols represented by the code in the n-�dim vector table (1122). The decoder continues until the decoder has
finished processing the encoded data (1124).
�[0127] If the code is the escape code for the n- �dim vector Huffman code table, the decoder decodes the n- �dim vector
as two n/ �2-�dim vectors using a n/ �2- �dim vector Huffman code table. Specifically, the decoder gets the next code for the
n/ �2-�dim vector Huffman code table (1130). The decoder checks if the code is the escape code for the n/ �2- �dim vector
Huffman code table (1140). If not, the decoder gets the n/ �2 symbols represented by the code in the n/�2-�dim vector
Huffman code table (1142). The decoder continues processing the codes for the n/ �2-�dim vector Huffman code table until
the processing of such codes is complete (1144).
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�[0128] If the code is the escape code for the n/�2-�dim vector Huffman code table, the decoder decodes the n/�2-�dim
vector as two n/ �4- �dim vectors, which may be scalars, etc.
�[0129] The decoder generally follows this pattern of decoding larger-�dimension vectors as two smaller-�dimension
vectors when escape codes are detected, until the vectors to be decoded are scalars (1-�dim vectors). At that point, the
decoder gets the next code for a scalar Huffman code table (1150). The decoder checks if the code is the escape code
for the scalar Huffman code table (1160). If not, the decoder gets the scalar represented by the code in the scalar
Huffman code table (1162). The decoder continues processing the codes for the scalars until processing of such codes
is complete (1164). If the code is the escape code for the scalar Huffman code table, the scalar is coded using a table-
less technique, and the decoder gets the value (1170).
�[0130] Alternatively, the decoder uses tables with different dimension sizes and/or uses tables that split vectors in
some way other than by power of 2 in VDVH decoding.

2. Adaptive Switching

�[0131] Figure 12 shows a technique (1200) for decoding vectors encoded using VDVH encoding according to one
implementation, where the decoder adaptively determines a switch point for changing to decoding of run lengths and
signal levels. The adaptive switch point depends on a count of consecutive zero-�value coefficients in the data, which
are signal levels for quantized transform coefficients, progressing from the lowest- �frequency coefficient to the highest-
frequency coefficient. Alternatively, the data are another form and/or organization of audio data.
�[0132] To start, the decoder initializes several variables. Specifically, the decoder sets a run count to 0 (1210) and
sets a decoding state to DVDVH (1212).
�[0133] The decoder decodes the next vector by looking up the code for that vector in a Huffman coding table (1220).
For example, the decoder performs the decoding technique (1100) shown in Figure 11. The decoder then updates the
run count based on the decoded vector (1230) (specifically, using the number of zero values in the decoded vector to
reset, increment, or otherwise adjust the run count).
�[0134] The decoder checks if the run count exceeds a threshold (1240). The run count threshold can be static or it
can depend on a factor such as the size of a block of coefficients (e.g., four zeroes in an input sequence of 256 coefficients),
or it can be adaptive in some other way. If the run count exceeds the threshold, the decoder begins decoding the encoded
coefficients using run-�level decoding (1250). Run-�level decoding can be performed in several ways, including, for ex-
ample, Huffman decoding, vector Huffman decoding, or context- �based arithmetic decoding
�[0135] In some embodiments, run- �level decoding is performed using Huffman decoding with two potential Huffman
code tables, where one table is used for decoding data in which shorter runs are more likely, and one table is used for
decoding data in which longer runs are more likely. When the decoder receives a code, a signal bit in the code indicates
which table the encoder used, and the decoder looks up the code in the appropriate table.
�[0136] If the run count does not exceed the threshold, the decoder continues processing vectors until decoding is
finished (1260).

V. Context- �based Arithmetic Coding and Decoding

�[0137] In some examples useful for understanding the invention, an encoder such as the encoder (200) of Figure 2
uses context- �based arithmetic ["CBA"] coding to code sequences of audio data. In CBA coding, different probability
distributions for the input symbols are associated with different contexts. The probability distribution used to encode the
input sequence changes when the context changes. The context can be calculated by measuring different factors that
are expected to affect the probability of a particular input symbol appearing in an input sequence. A decoder such as
the decoder (300) of Figure 3 performs corresponding arithmetic decoding.
�[0138] When encoding coefficients directly (i.e., as direct levels), the encoder uses factors including the values of the
previous coefficients in the sequence to calculate the context. When encoding coefficients using run-�level encoding, the
encoder uses factors including the lengths of the current run and previous runs, in addition to the values of previous
coefficients, to calculate the context. The encoder uses a probability distribution associated with the calculated context
to determine the appropriate arithmetic code for the data. Thus, by using the various factors in calculating contexts, the
encoder determines contexts adaptively with respect to the data and with respect to the mode (i.e., direct, run- �level) of
representation of the data.
�[0139] In alternative examples, the encoder may use additional factors, may omit some factors, or may use the factors
mentioned above in other combinations.

A. Example Implementation of Contexts

�[0140] Tables 2-5 and Figures 13A - 13D, 14A - 14H, and 15A - 15H show contexts and probability distributions,
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respectively, used in CBA encoding and decoding in an example implementation. Alternatively, CBA encoding and
decoding use different contexts and/or different probability distributions.
�[0141] Although the following discussion focuses on context calculation in the encoder in the example implementation,
the decoder performs corresponding context calculation during decoding using previously decoded audio data.
�[0142] As noted above, the encoder can encode coefficients using CBA encoding whether the encoder is coding direct
levels only or run lengths and direct levels. In one implementation, however, the techniques for calculating contexts vary
depending upon whether the encoder is coding direct levels only or run lengths and direct levels. In addition, when
coding run lengths and direct levels, the encoder uses different contexts depending on whether the encoder is encoding
a run length or a direct level.
�[0143] The encoder uses a four-�context system for calculating contexts during arithmetic encoding of direct levels
using causal context. The encoder calculates the context for a current level L�[n] based on the value of the previous level
(L �[n-�1]) and the level just before the previous level (L�[n- �2]). This context calculation is based on the assumptions that
1) if previous levels are low, the current level is likely to be low, and 2) the two previous levels are likely to be better
predictors of the current level than other levels. Table 2 shows the contexts associated with the values of the two previous
levels in the four-�context system. Figures 13A-�13D show probability distributions for current levels for these contexts. �

The probability distributions in Figures 13A- �13D assume that when the two previous levels are zero or near-�zero, the
current level is more likely to be zero or near-�zero.
�[0144] The encoder also can use CBA coding when performing run- �length coding of levels. When encoding a run
length, factors used by the encoder to calculate context include the percentage of zeroes in the input sequence (a running
total over part or all of the sequence) and the length of the previous run of zeroes (R�[n-�1]). The encoder calculates a
zero percentage index based on the percentage of zeroes in the input sequence, as shown below in Table 3:�

�[0145] The encoder uses the zero percentage index along with the length of the previous run to calculate the context
for encoding the current run length, as shown below in Table 4. Figures 14A- �14H show probability distributions for
different run-�length values associated with these contexts.�

Table 2: Contexts for CBA encoding/ �decoding of direct levels

L �[n- �1] L �[n-�2] Context

= 0 = 0 0

= 0 ≥ 1 1

= 1 Any 2

≥ 2 Any 3

Table 3: Zero percentage indices for CBA encoding/�decoding of run lengths

Zero % Zero % index

≥ 90 0

≥ 80 1

≥ 60 2

< 60 3

Table 4: Contexts for CBA encoding/�decoding of run lengths

Zero % index R�[n-�1] Context

0 = 0 0

0 > 0 4

1 = 0 1

1 > 0 5

2 = 0 2

2 > 0 6
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For example, in an input sequence where 91% of the levels are zeroes (resulting in a zero percentage index of 0), and
where the length of the previous run of zeroes was 15, the context is 4. The probability distributions in Figures 14A-�14H
show that when the percentage of zeroes in an input sequence is higher, longer run lengths are more likely. The probability
distributions also assume that within a given zero percentage index, run lengths following a run length of zero are likely
to be shorter than run lengths following a run length greater than zero.
�[0146] When encoding a level in run- �level data, factors used by the encoder to calculate context include the length of
the current run (R �[n]), the length of the previous run (R�[n- �1]), and the values of the two previous levels (L�[n- �1] and L([n-
2]). This context calculation is based on the observation that the current level is dependent on the previous two levels
as long as the spacing (i.e., run lengths) between the levels is not too large. Also, if previous levels are lower, and if
previous runs are shorter, the current level is likely to be low. When previous runs are longer, the previous level has
less effect on the current level.
�[0147] The contexts associated with the values of the current run length, previous run length, and the two previous
levels are shown below in Table 5. Figures 15A-�15H show probability distributions for levels associated with these
contexts. �

�[0148] For example, in an input sequence where the length of the current run of zeroes is 1, the length of the previous
run of zeroes is 2, and the previous level is 1, the context is 1. The probability distributions in Figures 15A-�15H show
that when the previous levels are lower, and when current and previous run lengths are shorter, the current level is more
likely to be zero or near zero.

B. Adaptive Switching

�[0149] Figure 16 shows a technique (1600) for CBA coding of coefficients of direct signal levels where the encoder
adaptively determines a switch point for changing to coding of run lengths and signal levels according to one implemen-
tation. The adaptive switch point depends on a count of consecutive zero-�value coefficients. The input data are signal
levels for quantized transform coefficients, progressing from the lowest-�frequency coefficient to the highest-�frequency
coefficient. Alternatively, the input data are another form and/or organization of audio data.
�[0150] To start, the encoder initializes several variables. Specifically, the encoder sets a run count variable to 0 (1610)
and sets an encoding state variable to direct context-�based arithmetic (DCBA) (1612).
�[0151] The encoder receives the next coefficient QC as input (1620). The encoder then checks (1630) if the coefficient
is zero. If the coefficient QC is non-�zero, the encoder resets the run count (1638) and codes the coefficient using DCBA
encoding (1640).
�[0152] Otherwise (i.e., if the coefficient QC is zero), the encoder increments the run count variable (1632), and checks
to see whether the current run count exceeds the run count threshold (1634). The run count threshold can be static or
it can depend on a factor such as the size of a block of coefficients (e.g., four zeroes in an input sequence of 256

(continued)

Zero % index R�[n-�1] Context

3 = 0 3

3 > 0 7

Table 5: Contexts for CBA encoding/ �decoding of levels in run- �level encoding

R �[n] R�[n-�1] L �[n-�1] L �[n-�2] Context

≥ 2 Any Any Any 0

< 2 ≥ 2 = 1 Any 1

< 2 ≥ 2 = 2 Any 2

< 2 ≥ 2 > 2 Any 3

< 2 < 2 = 1 = 1 4

< 2 < 2 = 1 > 1 5

< 2 < 2 = 2 Any 6

< 2 < 2 > 2 Any 7



EP 1 734 511 B1

17

5

10

15

20

25

30

35

40

45

50

55

coefficients), or it can be adaptive in some other way. For example, the threshold may be increased or decreased, with
or without regard to the number of coefficients in an input sequence. If the run count exceeds the threshold, the encoder
changes the encoding state to run-�level encoding ["RLE"] (1636). The encoder then codes the coefficient using DCBA
encoding (1640).
�[0153] After encoding the coefficient, the encoder checks the encoding state (1650). If the encoding state is no longer
DCBA (e.g., if the encoder has changed the encoding state to RLE as a result of exceeding a threshold number of zero
coefficients), the encoder begins encoding of the coefficients as run lengths and levels (1660). Run-�level encoding can
be performed in several ways, including, for example, Huffman coding, vector Huffman coding, or CBA coding (potentially
with different contexts than the earlier CBA coding, as described above). In some embodiments, run- �level encoding is
performed using Huffman coding with two Huffman code tables, where one table is used for encoding data in which
shorter runs are more likely, and one table is used for encoding data in which longer runs are more likely. The encoder
tries each table, and chooses codes from one of the tables, with a signal bit indicating which table the encoder used.
�[0154] If the encoding state has not changed, the encoder determines (1670) whether there are any more coefficients
to be encoded. If so, the encoder inputs the next coefficient (1620) and continues the encoding process.

C. Context-�based Arithmetic Decoding

�[0155] Figure 17 shows a technique (1700) for decoding coefficients encoded using CBA encoding according to one
implementation, where the decoder adaptively determines a switch point for changing to decoding of run lengths and
signal levels. The adaptive switch point depends on a count of consecutive zero-�value coefficients in the data, which
are signal levels for quantized transform coefficients, progressing from the lowest- �frequency coefficient to the highest-
frequency coefficient. Alternatively, the data are another form and/or organization of audio data.
�[0156] To start, the decoder initializes several variables. Specifically, the decoder sets a run count to 0 (1710) and
sets a decoding state to direct context-�based arithmetic (DCBA) (1712).
�[0157] The decoder decodes the next quantized coefficient using DCBA (1720) by looking at the number the encoder
used to represent the coefficient in arithmetic encoding, and extracting the value of the coefficient from that number.
The decoder then updates the run count based on the decoded coefficient (1730) (specifically, based on whether the
decoded coefficient is a zero value to reset or increment the run count).
�[0158] The decoder checks if the run count exceeds a threshold (1740). The run count threshold can be static or it
can depend on a factor such as the size of a block of coefficients (e.g., four zeroes in an input sequence of 256 coefficients),
or it can be adaptive in some other way. If the run count exceeds the threshold, the decoder begins decoding the encoded
coefficients using run-�level decoding (1750). Run-�level decoding can be performed in several ways, including, for ex-
ample, Huffman decoding, vector Huffman decoding, or CBA decoding (potentially with different contexts than the earlier
CBA decoding, as described above). In some embodiments, run-�level decoding is performed using Huffman decoding
with two potential Huffman code tables, where one table is used for decoding data in which shorter runs are more likely,
and one table is used for decoding data in which longer runs are more likely. When the decoder receives a code, a signal
bit in the code indicates which table the encoder used, and the decoder looks up the code in the appropriate table.
�[0159] If the run count does not exceed the threshold, the decoder continues processing coefficients until decoding
is finished (1760).

VI. Table- �less Coding

�[0160] In some embodiments using Huffman coding, an encoder such as the encoder (200) of Figure 2 uses an escape
code for a Huffman code table to indicate that a particular symbol (or combination of symbols) does not have an associated
code in the table. Sometimes, an escape code is used to indicate that a particular symbol (e.g., a scalar value for a level
that is not represented in a scalar Huffman code table for levels, a run length that is not represented in a scalar Huffman
code table for run lengths, etc.) is to be encoded without using a code from a Huffman table. In other words, the symbol
is to be encoded using a "table-�less" coding technique.
�[0161] In some embodiments using arithmetic coding, an escape code is sometimes used to indicate that a particular
symbol is not to be coded arithmetically. The symbol could be encoded using a code from a Huffman table, or it could
also be encoded using a "table- �less" encoding technique.
�[0162] Some table-�less coding techniques use fixed- �length codes to represent symbols. However, using fixed-�length
codes can lead to unnecessarily long codes.
�[0163] In some embodiments, therefore, symbols such as quantized transform coefficients are represented with var-
iable length codes in a table- �less encoding technique when the symbols are not otherwise encoded. A decoder such as
the decoder (300) of Figure 3 performs a corresponding table-�less decoding technique.
�[0164] For example, Table 6 shows pseudo- �code for one implementation of such a table-�less encoding technique.�
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�[0165] The number of bits the encoder uses to encode the coefficient depends on the value of the coefficient. The
encoder sends a one, two, or three-�bit value to indicate the number of bits used to encode the value, and then sends
the encoded value itself using 8, 16, 24 or 31 bits. The total number of bits the encoder uses to encode the coefficient
ranges from 9 bits for a value less than 28 to 34 bits for a value greater than or equal to 224, but less than 231.
�[0166] For a series of coefficients, the average bits sent will be equal to: 

where P�(m ≤ C < n) is the probability of occurrence in an input sequence of a coefficient C within the range indicated.
Significant bit savings are therefore possible when a large percentage of coefficients are small (e.g., less than 216).
�[0167] Alternatively, the encoder and decoder use another table- �less encoding/ �decoding technique.
�[0168] Having described and illustrated the principles of our invention with reference to various described embodiments,
it will be recognized that the described embodiments can be modified in arrangement and detail without departing from
such principles. It should be understood that the programs, processes, or methods described herein are not related or
limited to any particular type of computing environment, unless indicated otherwise. Various types of general purpose
or specialized computing environments may be used with or perform operations in accordance with the teachings
described herein. Elements of the described embodiments shown in software may be implemented in hardware and
vice versa.
�[0169] In view of the many possible embodiments to which the principles of our invention may be applied, we claim
as our invention all such embodiments as may come within the scope of the following claims and equivalents thereto.

Claims

1. A method of encoding audio data in a vector Huffman encoding scheme in a computer system, the method comprising:�

determining a Huffman code from a Huffman code table to use for encoding a vector of audio data symbols
(810), wherein the determining is based on a sum of values of the audio data symbols (812); and
encoding the vector of audio data symbols using the Huffman code.

2. The method of claim 1, wherein the Huffman code is an escape code, wherein the vector of audio data symbols is
an n-�dimension vector, wherein the escape code indicates that the n-�dimension vector is to be encoded as x n/x-
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dimension vectors using at least one different Huffman code table, and wherein n, x and n/x are integers.

3. The method of claim 1 wherein the determining comprises comparing the sum of values with a threshold, and wherein
the threshold depends on a number of audio data symbols in the vector.

4. The method of claim 3 wherein the number of audio data symbols is 4, and wherein the threshold is 6.

5. The method of claim 3 wherein the number of audio data symbols is 2, and wherein the threshold is 16.

6. The method of claim 3 wherein the number of audio data symbols is 1, and wherein the threshold is 100.

7. A computer-�readable medium storing computer-�executable instructions for causing an audio encoder to perform
the method of claim 1.

8. A method of decoding audio data in a vector Huffman decoding schemes in a computer system, the method com-
prising:�

receiving a Huffman code (1010) to use for decoding a vector of audio data symbols, the Huffman code having
been determined and selected from a Huffman code table during encoding based on a sum of values of the
audio data symbols (812); and
decoding the vector of audio data symbols using the Huffman code.

9. The method of claim 8 wherein the Huffman code is an escape code, and wherein the escape code indicates that
the vector of audio data symbols is to be decoded using one or more other Huffman codes from one or more other
Huffman code tables.

10. The method of claim 8, wherein the Huffman code was determined by comparing the sum of values with a threshold,
wherein the threshold depends on a number of audio data symbols in the vector.

11. The method of claim 10 wherein the number of audio data symbols is 4, and wherein the threshold is 6.

12. The method of claim 10 wherein the number of audio data symbols is 2, and wherein the threshold is 16.

13. The method of claim 10 wherein the number of audio data symbols is 1, and wherein the threshold is 100.

14. A computer-�readable medium storing computer-�executable instructions for causing an audio decoder to perform
the method of claim 8.

Patentansprüche

1. Verfahren zum Codieren von Audiodaten in einem Vektor- �Huffman-�Codierschema in einem Computersystem, wobei
das Verfahren umfasst:�

Bestimmen eines Huffman-�Codes aus einer Huffman-�Code-�Tabelle zur Verwendung beim Codieren eines Vek-
tors von Audiodatensymbolen (810), wobei das Bestimmen auf einer Summe von Werten der Audiodatensym-
bole (812) beruht; und
Codieren des Vektors von Audiodatensymbolen unter Verwendung des Huffman-�Codes.

2. Verfahren nach Anspruch 1, wobei der Huffman-�Code ein Escape-�Code ist, wobei der Vektor von Audiodatensym-
bolen ein n-�dimensionaler Vektor ist, wobei der Escape-�Code angibt, dass der n-�dimensionale Vektor als x n/x-
dimensionale Vektoren unter Verwendung wenigstens einer verschiedenen Huffman- �Code-�Tabelle codiert werden
soll, und wobei n, x und n/x ganze Zahlen sind.

3. Verfahren nach Anspruch 1, wobei das Bestimmen ein Vergleichen der Summe von Werten mit einer Schwelle
umfasst und wobei die Schwelle von einer Anzahl von Audiodatensymbolen in dem Vektor abhängt.

4. Verfahren nach Anspruch 3, wobei die Anzahl von Audiodatensymbolen gleich 4 ist und wobei die Schwelle gleich
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6 ist.

5. Verfahren nach Anspruch 3, wobei die Anzahl von Audiodatensymbolen gleich 2 ist und wobei die Schwelle gleich
16 ist.

6. Verfahren nach Anspruch 3, wobei die Anzahl von Audiodatensymbolen gleich 1 ist und wobei die Schwelle gleich
100 ist.

7. Computerlesbares Medium zur Speicherung von computerausführbaren Anweisungen, die bewirken, dass ein Au-
diocodierer das Verfahren nach Anspruch 1 ausführt.

8. Verfahren zum Decodieren von Audiodaten in einem Vektor-�Huffman-�Decodierschema in einem Computersystem,
wobei das Verfahren umfasst: �

Empfangen eines Huffman-�Codes (1010) zur Verwendung beim Decodieren eines Vektors von Audiodaten-
symbolen, wobei der Huffman-�Code aus einer Huffman-�Code-�Tabelle während des Codierens auf Grundlage
einer Summe von Werten der Audiodatensymbole (812) bestimmt und ausgewählt worden ist; und
Decodieren des Vektors von Audiodatensymbolen unter Verwendung des Huffman-�Codes.

9. Verfahren nach Anspruch 8, wobei der Huffman-�Code ein Escape-�Code ist und wobei der Escape-�Code angibt,
dass der Vektor von Audiodatensymbolen unter Verwendung von einem oder mehreren anderen Huffman-�Codes
aus einer oder mehreren anderen Huffman-�Code-�Tabellen decodiert werden soll.

10. Verfahren nach Anspruch 8, wobei der Huffman-�Code durch Vergleichen der Summe von Werten mit einer Schwelle
bestimmt worden ist, wobei die Schwelle von einer Anzahl von Audiodatensymbolen in dem Vektor abhängt.

11. Verfahren nach Anspruch 10, wobei die Anzahl von Audiodatensymbolen gleich 4 ist und wobei die Schwelle gleich
6 ist.

12. Verfahren nach Anspruch 10, wobei die Anzahl von Audiodatensymbolen gleich 2 ist und wobei die Schwelle gleich
16 ist.

13. Verfahren nach Anspruch 10, wobei die Anzahl von Audiodatensymbolen gleich 1 ist und wobei die Schwelle gleich
100 ist.

14. Computerlesbares Medium zur Speicherung von computerausführbaren Anweisungen, die bewirken, dass ein Au-
diodecodierer das Verfahren nach Anspruch 8 ausführt.

Revendications

1. Procédé de codage de données audio dans un système de codage de Huffman vectoriel dans un système infor-
matique, le procédé comprenant :�

la détermination d’un code de Huffman à partir d’une table de codes de Huffman à utiliser pour le codage d’un
vecteur de symboles de données audio (810), dans lequel la détermination est basée sur une somme de valeurs
des symboles de données audio (812) ; et
le codage du vecteur de symboles de données audio en utilisant le code de Huffman.

2. Procédé selon la revendication 1, dans lequel le code de Huffman est un code d’échappement, dans lequel le
vecteur de symboles de données audio est un vecteur à n dimensions, dans lequel le code d’échappement indique
que le vecteur à n dimensions doit être codé en tant que x vecteurs à n/x dimensions en utilisant au moins une table
de codes de Huffman différente, et dans lequel n, x et n/x sont des entiers.

3. Procédé selon la revendication 1, dans lequel la détermination comprend la comparaison de la somme de valeurs
à un seuil, et dans lequel le seuil dépend d’un nombre de symboles de données audio dans le vecteur.

4. Procédé selon la revendication 3, dans lequel le nombre de symboles de données audio est 4, et dans lequel le
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seuil est 6.

5. Procédé selon la revendication 3, dans lequel le nombre de symboles de données audio est 2, et dans lequel le
seuil est 16.

6. Procédé selon la revendication 3, dans lequel le nombre de symboles de données audio est 1, et dans lequel le
seuil est 100.

7. Support lisible par ordinateur stockant des instructions pouvant être exécutées par ordinateur pour amener un
codeur audio à effectuer le procédé selon la revendication 1.

8. Procédé de décodage de données audio dans des systèmes de décodage de Huffman vectoriel dans un système
informatique, le procédé comprenant :�

la réception d’un code de Huffman (1010) à utiliser pour décoder un vecteur de symboles de données audio,
le code de Huffman ayant été déterminé et sélectionné à partir d’une table de codes de Huffman pendant le
codage en se basant sur une somme de valeurs des symboles de données audio (812) ; et
le décodage du vecteur de symboles de données audio en utilisant le code de Huffman.

9. Procédé selon la revendication 8, dans lequel le code de Huffman est un code d’échappement, et dans lequel le
code d’échappement indique que le vecteur de symboles de données audio doit être décodé en utilisant un ou
plusieurs autres codes de Huffman en provenance d’une ou plusieurs autres tables de codes de Huffman.

10. Procédé selon la revendication 8, dans lequel le code de Huffman a été déterminé en comparant la somme de
valeurs à un seuil, dans lequel le seuil dépend d’un certain nombre de symboles de données audio dans le vecteur.

11. Procédé selon la revendication 10, dans lequel le nombre de symboles de données audio est 4, et dans lequel le
seuil est 6.

12. Procédé selon la revendication 10, dans lequel le nombre de symboles de données audio est 2, et dans lequel le
seuil est 16.

13. Procédé selon la revendication 10, dans lequel le nombre de symboles de données audio est 1, et dans lequel le
seuil est 100.

14. Support lisible par ordinateur stockant des instructions pouvant être exécutées par ordinateur pour amener un
décodeur audio à effectuer le procédé selon la revendication 8.
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